This Paper involves the performance analysis of Adaptive Noise Cancellation system (ANC) and its noise cancellation application by taking more realistic noises. Noise cancellation is a common occurrence in today's telecommunication environment. The main purpose of this research is to eliminate unwarranted noise that exists in incoming signal, which makes it difficult to understand. Adaptive Noise Cancellation is an alternative technique of estimating signals corrupted by additive noise or interference. This paper examines adaptive filtering, employing discrete signal processing in MATLAB. Simulation was utilized by using MATLAB software to eliminate the noise. The strategies & design methodologies of Adaptive Noise Canceller using the least mean square (LMS) algorithm is considered in this paper. Using the LMS algorithm, adaptive noise canceller has been implemented on MATLAB successfully by considering more realistic noises for suitable filter order and convergence factor. The results are analyzed for different input noises originating from refrigerators, vaccum cleaners, hair dryers, washing machines as reference signals and speech signal corrupted by these noises as primary signal. These signals are tested and analyzed and the filter performance of these noises is measured in terms of signal to noise ratio (SNR) improvement. From the experimentation it is clear that signal to noise ratio of primary signal earlier it was 3.468db which gets substantially improved by 49.921dB. It has also been observed that for filter order N =50 and for convergence factor µ = 0.03, the voice signal can still be recovered perfectly.
Introduction
Acoustic problems have been in focus in the wake of technological growth that gave rise to undesirable noise emerge from different sources like household appliances to heavy machineries, sound systems etc. Such difficulties can sometimes trouble the neighbors next door. This method employ two different inputs, one is primary input that is information corrupted by noise & second reference input that is only noise [1] . For the processing of non-stationary signals adaptive filters are widely used & they are applied in different facets of communication. It consist of two main blocks, one is digital filter & second is adaptive evaluation. Corrupted information is effectively process by digital filter whereas algorithm is used for adaptation purpose by altering the coefficient & tries to optimize the desired weights [2] [3] . The LMS algorithm [1] is undoubtedly the most popular algorithm for adapting the impulse response W = [W 0 …….W N-1 ] of an FIR filter so as to minimize the mean-square error (MSE) between its output signal y(n) and a desired response signal d(n). LMS algorithm is summarized as follows: Determine M, µ and w(0), at time n = 0.
1. Compute the adaptive filter output
(1) 2. Compute the error signal e(n) = d(n) -y(n) (2) 3. Update the adaptive weight vector from w(n) to w(n+1) by using the LMS algorithm w(n+1) = w(n) + 2 µ e(n) u(n) ( 3) The LMS algorithm is a non-vanishing step size version of a stochastic gradient algorithm. It is popular to a large extent due to its computational similarity. Also, the functionally is quite simple to understand and the algorithm appears to be fairly compatible against implementation errors. DOI 10.29042/2018-4380-4387 Proposed Approach: Adaptive Noise Cancellation This work aims to enhance the performance of adaptive filter by improving its signal to noise ratio. In adaptive noise cancellation, the adaptive filter is usually modelled as a transversal FIR filter structure. The concept of ANC filter in the block diagram is shown in Figure 1 . ANC system operates like an automatic control system shown in figure 1. This system is based on the processing of two input signals, the primary signal i.e. information speech signal corrupted by noise and the noise signal called reference signal. This signal has to be match to the noise present in the primary input. The basic idea is to use adaptive filter applied to the reference input and to subtract its output from the primary input. LMS algorithm is used to update the filter coefficient in such a way that the noise is cancelled out from the corrupt speech signal and a clean speech signal is received. So, when the filter is optimized, the output will be a clean speech information signal as shown in figure 2. Amongst others LMS algorithm can converge quickly and has good noise suppression ability [1] [2] . In this research, different parameters are analyzed by considering order of the filter, its convergence speed & optimal hardware utilization. Figure 1 shows the block diagram of the adaptive noise cancellation system. The basic concept of adaptive noise cancellation is to process signal from two sensors and to reduce the level of the undesired noise with adaptive filtering techniques. The signal is transmitted over a channel to a sensor that receives the signal in addition to an uncorrelated noise, n . The combined signal and noise, d+n, form the 'primary input' to the canceller. A second sensor receives a noise n ' which is uncorrelated with the signal but correlated in some unknown way with the noise n. This sensor provides the 'reference input' to the canceller. The noise n ′ generates from the same source as n but can be modified by the environment. The noise n ' is filtered to produce an output y that is a close replica of n i.e. the adaptive filter's output y is adapted to the noise n. Now, the obtained output y is subtracted from the primary input to produce the system output which would be noise free. Subsequently, the filter output could now be subtracted from the primary input hence, producing an output which would be nothing but the signal alone. The resulting signal is called as an error signal e, and is the output of the system. The resulting error signal would be only the desired portion of the primary signal. This error signal is fed back to the adaptive filter and is used to update the adaptive filter's coefficients until the overall output becomes e = d. When this happens, the adaptation process is finished, and the error signal approaches the desired signal d hence, the overall output is this error signal and not the adaptive filter's output y. If d is uncorrelated with n, then the strategy is to minimize E (e 2 ). Thus in the system the reference input is processed by an adaptive filter that automatically adjusts its own impulse response through a least squares algorithm such as LMS that responds to an error signal dependent among other things, on the filters output [8] [9] [10] . Thus with the proper algorithm the filter can operate under varying conditions and can readjust itself continuously to minimize the error signal [11] [12] [13] [14] [15] [16] . In year 1960, work related to ANC was carried out by Howells and Applebaum and their colleagues at the GE Company. A system was designed to cancel antenna side lobe by using reference input obtained from auxiliary antenna [2] . ANC technique was developed at Stanford University in 1959 by Widrow and Hoff. In the beginning very few people were interested in adaptive filter and its high order adaptive processing. During same period, adaptive filters were under development at Great Britain by D. Gabor and their colleagues [3] . In mid sixties, the development of adaptive filters gained momentum. Many research papers were published related to adaptive controlling, filtering & signal processing. In digital communication, Lucky at the Bell Laboratories have worked on many commercial applications of adaptive filter during in early 1960 [4] [5] . ANC technique was developed at Stanford University in 1959, with an idea to cancel 60 Hz of noise in output of electrocardiographic amplifier. Since 1965, adaptive noise canceling has successfully been deployed to solve a various additional problems, including other aspects of electrocardiography, the removal of periodic & aperiodic interference found, cancelling the donor ECG, in adaptive speech enhancement and channel equalization and echo cancelling over extended telephone transmission [6] [7] [8] [9] [10] . The optimal parameters that are considered for effective implementation of ANC are the length of the filter taken to be 50 and 30 taps. The sampling frequency is taken to be 11.025 KHz while the convergence factor used for the LMS algorithm is 0.03. Thus, various parameters considered for effective noise cancellation were successfully tested as per the proposed design. It is evident that the designed ANC system uses the LMS algorithm through a MATLAB program. The input signals such as primary and reference signals are recorded and saved as .WAV files. The output of ANC i.e. error signal after cancellation of noise is generated and saved as .WAV file. The signal processing toolbox has in-built functions for almost all signal processing applications. The toolbox enhances the efficiency of the code as these functions can be called wherever necessary instead of writing separate sub-routines. It can be seen from Table II , when the designed system is tested with vaccum cleaner noise, it shows significant SNR improvement as shown above. The ANC system performance is further tested by making variations in the amplitude and frequency of the undesired input vaccum cleaner noise signal that reflects improved SNR of the system. The second experiment is carried out on the primary signal i.e. female speech signal as the desired signal contaminated with the vaccum cleaner noise recorded at t2 and the reference signal i.e. undesired vaccum cleaner noise with low speech recorded at t1
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Description
While implementation of ANC system, it's observed that the output error signal E converged to the desired female speech signal, depicting the vaccum cleaner noise signal being cancelled gradually. Figure 4 shows the primary signal (female speech signal + vacuum cleaner noise) and the desired filtered output (female speech signal) after the adaptation process. Thus, the system is tested for different noise signals. The five different experiments are implemented and respective results are presented. It can be concluded that the original and recovered signal obtained remains unchanged. The input and output Signal to noise ratio is measured by taking optimal parameters for analysis and is shown in Table 2 , 3, 5, 6 and 7. Further, it is observed that when the frequency of noise & signal are very much similar in that case noise becomes more effective than main signal. Thus, it can be concluded that as the step size value increases within the stability region, it increases convergence speed and also increases the mis-adjustment. And as the step size value decreases, it increases the convergence time and reduces the mis-adjustments. However, if we increase the filter order value, it increases the convergence time and also increases the misadjustments. Thus, LMS worked successfully to handle the noise related problems. This research will pave way to undertake scientific research in similar direction. Further the interested academicians can carry out further studies to enhance the performance of adaptive filters as extension of this research by using different approaches.
Conclusion
From the results obtained, it can be concluded that the proposed ANC system has been successfully implemented on MATLAB by considering more realistic noises. The results are analyzed for different input noises originating from various disturbances such as construction site, air conditionings, refrigerators, barking of dogs, vaccum cleaners as reference signals and human voice signal as primary signal. These signals are analyzed and the filter performance is measured in terms of SNR improvement. It is evident from the results that SNR is clearly improved vis-à-vis filter performance. The speech signal is examined for different frequencies & voltage level to determine its capabilities of noise filtering. The first experiment is based on human voice where female speech is considered as original signal contaminated with vacuum cleaner noise signal recorded for different time durations. The second experiment is based on female speech signal contaminated with the vaccum cleaner noise recorded at t2 and the reference signal i.e. undesired vaccum cleaner noise with low speech recorded at t1. From the experimentation it is clear that SNR of primary signal earlier it was 3.468db which gets substantially improved by 49.921dB. Subsequent experiments also shows similar improvement in signal to noise ratio measured by considering more realistic noise signals. It has also been observed that for filter order N =50 and for convergence factor µ = 0.03, the voice signal can still be recovered perfectly. Based on these results, the designed system can effectively resolve the problem of unwanted noise and proved to be successful.
